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[57] ABSTRACT 

A noise and feedback suppression apparatus processes 
an audio input signal having both a desired component 
and an undesired component When implemented so as 
to effect noise cancellation, the apparatus includes a 
first filter operatively coupled to the input signal. The 
first filter generates a focused reference signal by selec- 
tively passing an audio spectrum of the input signal 
which primarily contains the undesired component. 
The reference signal is supplied to an adaptive filter 
disposed to filter the input signal so as to provide an 
adaptive filter output signal. A combining network 
subtracts the adaptive filter output signal from the input 
signal to create an error signal. The noise suppression 
apparatus further includes a second filter for selectively 
passing to the adaptive filter an audio spectrum of the 
error signal substantially encompassing the spectrum of 
the undesired component of the input signal. This can- 
cellation effectively removes the undesired component 
from the input signal without substantially affecting the 
desired component of the input signal. When the pres- 
ent apparatus is implemented so as to suppress feedback 
the adaptive filter output signal is employed to cancel a 
feedback component from the input signal. 

34 Claims, 11 Drawing Sheets 
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sequence of the relatively lower gain in the feedback 
AUDITORY PROSTHESIS, NOISE SUPPRESSION path. 
APPARATUS AND FEEDBACK SUPPRESSION Although background noise and feedback energy are 

APPARATUS HAVING FOCUSED ADAPTIVE concentrated in specific spectral regions, adaptive noise 
FILTERING 5 filters generally operate over the entire bandwidth of 

the hearing aid. Adaptive noise filters typically calcu- 
The present invention relates generally to auditory late an estimate of noise by appropriately adjusting the 
prosthesis, noise suppression apparatus and feedback weighting parameters of a digital filter in accordance 
suppression apparatus used in acoustical systems, and with the Least Mean Square (LMS) algorithm, and then 
particularly to such prostheses and apparatus having 10 use the estimate to minimize noise. The relationship 
adaptive filtering. between the mean square error and the N weight values 

of the adaptive filter is quadratic. To niinimize the mean 

BACKGROUND OF THE INVENTION square errorf me W(dghts m mo dified according to the 

Designers of audio signal processing systems includ- negative gradient of an error surface obtained by plot- 
ing auditory prostheses face the continuing challenge of 15 ting the mean square error against each of the N 
attempting to eliminate feedback and noise from an weights in N dimensions. Each weight is then updated 
input signal of interest For example, a common com- by (i) computing an estimate of the gradient; (ii) scaling 
plaint among users of auditory prosthesis such as hear- the estimate by a scaler adaptive learning constant, ji; 
ing aids is their inability to understand speech in a noisy and (iii) subtracting this quantity from the previous 
environment. In the past, hearing aid users were limited 20 weight value. 

to listening-in-noise strategies such as adjusting the This full-frequency mode of adjustment tends to skew 
overall gain via volume control, adjusting the fire- the noise and feedback suppression capability of the 
quency response, or simply removing the hearing aid. filter towards the frequencies of higher signal energy, 
More recent hearing aids have used noise reduction thereby minimizing tie mean-square estimate of the 
techniques based on, for example, the modification of 25 energy through the adaptive filter. However, the set of 
the low frequency gain in response to noise. Typically, parameters to which the adaptive filter converges when 
however, these strategies and techniques have been the full noise spectrum is evaluated results in less than 
incapable of achieving a desired degree of noise reduc- desired attenuation over the frequency band of interest, 
tion. " " Such "incomplete" convergence results in the noise and 

Many commercially available hearing aids are also 30 feedback suppression resources of the adaptive filter not 
subject to the distortion, ringing and squealing engen- being effectively concentrated over the spectral range 
dered by acoustical feedback. This feedback is caused of concern. 

by the return to the input microphone of a portion of Accordingly, a need in the art exists for an adaptive 
the sound emitted by the acoustical hearing aid output filtering system wherein noise or feedback suppression 
transducer. Such acoustical feedback may propagate 35 capability is focused over a selected frequency band, 
either through or around an earpiece used to support SUMMARY OF THE INVENTION 

the transducer. 

In addition to effectively reducing noise and feed- In summary, the present invention comprises a noise 
back, a practical ear-level hearing aid design must ac- and feedback suppression apparatus for processing an 
commodate the power, size and microphone placement 40 audio input signal having both a desired component and 
Umitations dictated by current commercial hearing aid an undesired component. When implemented so as to 
designs. While powerful digital signal processing tech- effect noise cancellation the present invention includes a 
niques are available, they require considerable space first filter operatively coupled to the input signal. The 
and power in the hearing aid hardware and processing first filter generates a reference signal by selectively 
time in the software. The miniature dimensions of hear- 45 passing an audio spectrum of the input signal which 
ing aids place relatively rigorous constraints on the primarily contains the undesired component. The refer- 
space and power which may be devoted to noise and ence signal is supplied to an adaptive filter disposed to 
feedback suppression. filter the input signal so as to provide an adaptive filter 

One approach to remedying the distortion precipi- output signal. A combining network operatively cou- 
tated by noise and feedback interference involves the 50 pled to the input signal and to the adaptive filter output 
use of adaptive filtering techniques. The frequency signal uses the adaptive filter output signal to cancel the 
response of the adaptive filter can be made to self-adjust undesired component from the input signal and create 
sufficiently rapidly to remove statistically "stationary" an error signal. The noise suppression apparatus further 
0.e„ slowly-changing) noise components from the input includes a second filter for selectively passing to the 
signal. Adaptive interference reduction circuitry oper- 55 adaptive filter an audio spectrum of the error signal 
ates to eliminate stationary noise across the entire fre- substantially encompassing the spectrum of the unde- 
quency spectrum, with greater attenuation being ac- sired component of the input signal. This cancellation 
corded to the frequencies of high energy noise. How- effectively removes the undesired component from the 
ever, environmental background noise tends to be con- input signal without substantially affecting the desired 
centrated in the lower frequencies, in most cases below 60 component of said input signal. 
1,000 Hertz. When implemented to suppress feedback within, for 

* Similarly, undesirable feedback harmonics tend to example, a hearing aid, the present invention includes a 
build up in the 3,000 to 5,000 Hertz range where the combining network operatively coupled to an input 
gain in the feedback path of audio systems tends to be signal and to an adaptive filter output signal. The com- 
the largest. As the gain of the system is increased the 65 bining network uses the adaptive-filter output signal to 
distortion induced by feedback harmonics introduces a cancel the feedback component from the input signal 
metallic tinge to the audible sound. Distortion is less and thereby deliver an error signal to a hearing aid 
pronounced at frequencies below 3,000 Hertz as a con- signal processor. The inventive feedback suppression 
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circuit further includes an error filter disposed to selec- ing capacity is concentrated in a predefined manner, 

tively pass a feedback spectrum of the error signal to the thereby enabling enhanced convergence of the adaptive 

adaptive filter. A reference filter supplies a reference filter across the noise and feedback bands of concern, 
signal to the adaptive filter by selectively passing the . The present invention focuses filtering resources in this 

feedback spectrum of the noise signal, wherein the 5 manner by employing shaping filters disposed to selec- 

adaptive filter output signal is synthesized in response to tively transmit energy from specific spectral bands to 

the reference signal. the adaptive filter included within each circuit. 

In a preferred embodiment, a noise probe signal is c„«„—eci™ rim,.it 

inserted into the output signal path of the feedback Noisc Suppression Circuit 

suppression circuit to supply a source of feedback dur- 10 Referring to FIG. 1, a noise suppression circuit 100 

ing times of little containment of the undesired feedback for use in auditory prosthesis such as hearing aids uses a 

signal being present within the audio environment of time-domain method for focusing the bandwidth over 

the circuit. The noise probe signal may also be supplied which undesired noise energy is suppressed. As is de- 

directly to the adaptive filter to aid in the convergence scribed more fully below, the noise elimination band of 

of the adaptive filter. 15 an adaptive filter 110 is defined by selectively pre-filter- 

Optionally, a second microphone may be used in ing reference and error inputs provided to adaptive 

place of input delay of the noise suppression circuit or in filter 110. This signal shaping focuses noise suppression 

place of the noise probe signal in the feedback suppres- circuit 100 on the frequency band of interest, thus re- 

sion circuit suiting in efficient utilization of the resources of adapt- 

20 ive filter 110. 

BRIEF DESCRIPTION OF THE DRAWINGS Noise suppression 100 has an input 120 repre- 

Addrtionai objects and features of the invention will sentative of any conventional source of a hearing aid 

be more readily apparent from the following detailed input signal such as that produced by a microphone, 

description and appended claims when taken in con- signal processor, or the like. Input 120 also includes an 

junction with the drawings, in which: 25 analog to digital converter (not shown) for analog in- 

FIG. 1 is a simplified block diagrammatic representa- puts so that the input signal 140 is a digital signal. Input 

tion of a noise suppression apparatus of the present signal 140 is received by an J-sample delay 160 and by 

invention as it would be embodied in an auditory pros- a signal combiner 280. Delay 160 serves to decorr elate, 

thesis; in time, delayed input signal 250 supplied to adaptive 

FIG. 2 shows a detailed block diagrammatic repre- 30 filter 110 from input signal 140. The length of delay 160 

sentation of the noise suppression apparatus of the pres- will generally be selected to be of a duration which 

ent invention; preserves the auto-correlation between noise energy 

FIG. 3 is a flow chart illustrating the manner in within input signal 140 and delayed input signal 250 yet 
which successive input samples to the inventive noise ' which significantly reduces the auto-correlation of the 

suppression circuit are delayed by an J-sample delay 35 speech energy within the two signals. Specifically, 

line; delay 160 will preferably be sufficiently long to reduce 

FIG. 4 depicts a flow chart outlining the manner in the auto-correlation of the speech energy within input 
which an FIR implementation of a shaping filter pro- signal 140 and delayed input signal 250 such that mini- 
cesses a stream of delayed input samples produced by mum speech cancellation occurs through the adaptive 
the J-sample delay line; 40 filtering process. For example, at a 10 ItiloHertz sam- 

FlG. 5 is a flow chart illustrating the process by pling rate, an eight sample delay results in an acceptable 

which an adaptive signal comprising a stream of sam- time delay of eight hundred microseconds. It is also 

pies y(n) is synthesized by an adaptive filter; believed that such a delay will preserve the auto-corre- 

FIG. 6 is a block diagrammatic representation of an lation between the noise energy within input signal 140 

optional post-filter network coupled to the adaptive 45 and delayed input signal 250 to the extent required to 

filter; enable a suitable degree of noise cancellation. 

FIG. 7 depicts a top-level flow chart describing oper- In an alternative implementation of the inventive 

ation of the noise suppression apparatus of the present noise suppression circuit illustrated in FIG. 9, a second 

invention; microphone 161 is used instead of delay circuit 160 to 

FIG. 8 is a block diagram depiction of the feedback 50 provide the reference signal 250. Second microphone 

suppression apparatus of the present invention as it 161 will preferably be positioned so as to receive pri- 

would be embodied in an auditory prosthesis; marily only ambient noise energy and a minimum of 

FIG. 9 is a block diagram of a two microphone imple- audible speech. In this way the sampled version of the 

mentation of the noise suppression apparatus of the electrical signal generated by second microphone 161 

present invention; 55 will be substantially uncorrelated with the speech infor- 

FIG. 10 is a block diagram of a two microphone mation inherent within sampled input signal 140, thus 

implementation of the feedback suppression apparatus preventing significant speech cancellation from occur- 

of the present invention; and ring during adaptive filtering. Microphone 120 and 

FIG. 11 is a block diagram of an alternative embodi- second microphone 161 will, however, typically be 

ment of the feedback suppression apparatus of the pres- 60 located within the same noise field such that at least 

ent invention. some degree of correlation exists between noise energy 

rvFTATT pn nPsrniPTTnv nv thf within mput signaI 140 reference "S 1 * 1 250 P ro * 

PREFERRED EMBODIMENTS Continuing in the description of FIGS. 1 and 9, de- 

The noise suppression and feedback cancellation cir- 65 layed (with respect to FIG. 1) input signal 250 is also 

cuits of the present invention operate to focus the adapt- transmitted to reference shaping filter 270 disposed to 

ive filtering systems included therein over particular provide focused reference signal 275 to adaptive filter 

frequency bands of interest. In this way adaptive filter- 110. Reference shaping filter 270 is preferably realized 
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as a finite impulse response (FIR) filter having a transfer which produces desired output signal 295 by subtract- 
characteristic which passes a noise spectrum desired to ing samples of adapted signal 290 from samples x(n) of 
be removed from input signal 140, but does not pass input signal 140. Desired output signal 295 is then sup- 
most of the speech spectrum of interest Noise from plied to error shaping filter 310 to allow computation of 
machinery and other distracting background noise is 5 the samples e*<n) of filtered error stream 350 to be used 
frequently concentrated at frequencies of less than one during the next processing cycle of adaptive filter 110, 
hundred Hertz, while the bulk of speech energy is pres- The operation of noise suppression circuit 100 may be 
ent at higher audible frequencies. Accordingly, refer- more specifically described with reference to the signal 
ence shaping filter 270 will preferably be of a low-pass flow charts of FIGS. 3, 4, 5 and 6. In particular, the 
variety having a cut-off frequency of less than, for ex- 10 flow chart of FIG. 3 illustrates the manner in which 
ample, several hundred Hertz. When an FIR implemen- successive samples of input signal 140 are delayed by 
tation is employed, the tap weights included within J-sample delay 160. J-sample delay 160 is preferably 
reference shaping filter 270 may be determined from implemented as a serial shift register, receiving samples 
well-known FIR filter design techniques upon specifi- from input signal 140 and outputting each received 
cation of the desired low-pass cut-off frequency. See, 15 sample after J sample periods. As is indicated in FIG. 3, 
for example, U.S. Pat No. 4,658,426, Chabries et al, during each sampling period the "oldest" sample x(J) 
Adaptive Noise Suppressor, the contents of which are included in the shift register becomes the current sam- 
hereby incorporated by reference. pie of delayed input signal 250. The remaining values 

Referring again to FIG. 1, an adapted signal 290 x (i) are then shifted one tap in the filter. The current 
synthesized by adaptive filter 110 is supplied to signal 20 sample of input signal 140 is stored as value x(l). 
combiner 280. Adapted signal 290, which characterizes FIG. 4 depicts a flow chart ou tlinin g the manner in 
the noise component of the input signal 140, is sub- which an FIR implementation of reference shaping 
tracted from input signal 140 by combiner 280 in order filter 270 processes the stream of samples of delayed 
to provide a desired output signal 295 to signal proces- input signal 250 using a series of tap positions. Referring 
sor 300. Signal processor 300 preferably includes a fil- 25 to FIG. 4, during each sampling period, a first process- 
tered amplifier circuit designed to increase the signal ing cycle is used to shift the existing data y(i) in refer- 
energy over a predetermined band of audio frequencies. ence shaping filter 270 by one tap position. As is typi- 
In particular, signal processor 300 may be realized by cally the case, adjacent tap positions of reference shap- 
one or more of the commonly available signal process- ing filter 270 are separated by single-unit delays (repre- 
ing circuits available for processing digital signals in 30 sented by the notation "z-1" in FIG. 2). The current 
hearing aids, For example, signal processor 300 may sample of delayed input signal 250 is placed in the first 
include the fUter-limit-filter structure disclosed in U.S. tap location y(l) of reference shaping filter 270. This 
Fat. No. 4,548,082, Engebretson et al, the contents of first processing cycle is essentially identical to the up- 
which are hereby incorporated by reference. After date procedure for J-sample delay circuit 160 described 
desired output signal 295 has passed through signal 35 above with reference to FIG. 3. 
processor 300, a digital to analog converter 305 con- Referring to FIGS. 2 and 4, during a second cycle 
verts resulting signal 302 into analog signal 307. Analog within the sample period, each filter sample y(i) is multi- 
signal 307 drives output transducer 308 disposed to plied by a fixed tap weight a(i) having a value deter- 
generate an acoustical waveform in response thereto. mined in accordance with conventional FIR filter de- 
Desired output signal 295 is also provided to error 40 s ign techniques. The sum of the tap weight multiplica- 
shaping filter 310 having a passband chosen to transmit tions is accumulated by M-input summer 340, which 
the spectral noise range desired to be eliminated from provides focused reference signal 275 supplied to adapt- 
input signal 140. Error shaping filter 310 is preferably a j ve filter 110. 

finite impulse response (FIR) filter having a transfer FIG. 5 is a flow chart illustrating the process by 
characteristic which passes a noise spectrum desired to 45 which the stream of samples y(n) (defined earlier with 
be removed from input signal 140, but does not pass respect to FIG. 2) is synthesized by adaptive filter 110. 
most of the speech spectrum of interest. Hence, error During a first cycle 342 within each sample period the 
shaping filter 310 will preferably be of a low-pass vari- current sample of focused reference signal 275 is shifted 
ety having a cut-off frequency substantially identical to into adaptive filter 110 as. adaptive input sample Uni(1), 
that to reference shaping filter 270 (i.e., of less than 50 wherein the subscript w signifies the "spectrally 
several hundred Hertz). weighted" shaping effected by reference shaping filter 

The noise suppression circuit 100 is depicted in 270. The preceding N-l reference samples are denoted 
greater detail within the block diagrammatic represen- as uh<2), u*(3), . . . u*{N)» and are each shifted one tap 
tation of FIG. 2. Referring to FIG. 2, samples x(n) of location within adaptive filter 110 as the sample u«<l) is 
input signal 140 are initially delayed by processing the 55 shifted in. Once this alignment process has occurred, a 
signal s through J-sample delay 160. The samples of second cycle 344 is initiated wherein adaptive weights 
delayed input signal 250, denoted by x(n-J), are then n (i) ) h(2), . . . h(N) are modified in accordance with the 
further processed by reference shaping filter 270. As is current value e^ of the filtered error stream 350. As is 
described more fully below, the resultant stream of explained more fully below, this updating process is 
samples U*(n) of focused reference signal 275 along 60 carried out in accordance with the foDowing recursion 
with the weighted error signal eM<n) of filtered error formula: 
stream 350 computed during the preceding cycle of 

adaptive filter 110 are used to update tap weights h(n) h(i)NEfv=Ki)ou<l-0)+puJt*)e v (Equation 1) 

within adaptive filter 110. 

Subsequent to modification of the adaptive weights 65 where (i) represents the i rt component of adaptive filter 
h(n), adaptive filter 110 processes samples x(n-J) in 110,ji is an adaption constant determinative of the rate 
order to generate adaptive signal 290. In this way, of convergence of adaptive filter 110, and fi is a real 
adapted signal 290 is made available to combiner 280, number between zero and one. The value of a. will 
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preferably be chosen in the conventional manner such 
that adaptive Miter 110 converges at an acceptable rate, 
but does not become overly sensitive to minor varia- 
tions in the power spectra of input signal 140. 

In a third cycle 346, the delayed samples x(n-J-i+ 1) 
in the N-tap delay line of adaptive filter 110 are shifted 
by one tap position, and in a fourth cycle 348 the up- 
dated adaptive filter weights h(i) are multiplied by the 
delayed samples x(n-J-i + 1) and summed to generate the 
current sample of adapted signal 290 as output from 
adaptive filter 110. The index "n-J-i-h 1" for the delayed 
samples indicates the J sample period delay associated 
with J-sample delay 160, plus the delay associated with 
adaptive filter 110. 

Equation (1) above is based on a "leaky least means 
square" error minimization algorithm commonly under- 
stood by those skilled in the art and more fully de- 
scribed in Haykin, Adaptive Filter Theory, Prentice-Hall 
(1986), p. 261, which is incorporated herein by refer- 
ence. This choice of adjustment algorithm allows that, 
in the absence of input, the filter coefficients of adaptive 
filter 110 will adjust to zero. In this way adaptive filter 
110 is prevented from self-adjusting to remove compo- 
nents from input signal 140 not included within the 
passband of reference shaping filter 270 and error shap- 25 
ing filter 310. Those skilled in the art will recognize that 
other adaptive filters and algorithms could be used 
within the scope of the invention. For example, a con- 
ventional least means square (LMS) algorithm such as is 
described in Widrow, et al., Adaptive Noise Canceling: 30 
Principles and Applications, Proceedings of the IEEE, 
63(12), 1692-1716 (1975), which is incorporated herein 
by reference, may be employed in conjunction with a 
low-pass post-filter network 380 shown in FIG. 6. The 
filter network 380 serves to minimize the possibility that 35 
filtering characteristics will be developed based on in- 
formation included within the frequency spectrum out- 
side of the passband of reference shaping filter 270 and 
error shaping filter 310. 

As is indicated by FIG. 6, the filter network 380 40 
includes a low-pass filter 390 addressed by adaptive 
signal 290. Low pass filter 390 preferably has a low-pass 
transfer characteristic and, preferably is substantially 
similar to those of reference shaping filter 270 and error 
shaping filter 310. Filter network 380 further includes a 4 * 
K-sample delay 410 coupled to input signal 140 for 
providing a delay equivalent to that of low pass filter 
390. Summation node 420 subtracts the output of low 
pass filter 390 from that of K-sample delay 410 and 
provides the difference to signal processor 300. 

In conventional adaptive filtering schemes imple- 
menting some form of the LMS algorithm, the coeffici- 
ents of the adaptive filter are updated to minimize the 
expected value of the squared difference between input 
and reference signals over the entire system bandwidth. 
In contrast, reference shaping filter 270 and error shap- 
ing filter 310 of the present invention focus adaptive 
cancellation over a desired spectral range. Specifically, 
reference shaping filter 270 and error shaping filter 310 
are M'*-order FIR spectral shaping filters and may be 
represented by coefficient vector W: 



50 



55 



8 

E(n)=[e(n), e(n-l), . . . <*n-M+l)] r 



(Equation 3) 



which represents the set of error values stored in delay 
line 420 of error shaping filter 310. Filtered error stream 
350 (FIG. 2) is spectrally weighted and the expected 
mean-square of which it is desired to minimize, is given 
by 



(Equation 4) 



The coefficient vector H=[h(l), h(2), . . . h(N)] of the 
adaptive filter 110 which minimizes the expectation of 
the square of Equation 4 may be represented as 

H=EilUJny[UMft-l}-E{xU«}UUn$ (Equation 5) 

where x*(n) is a weighted sum of the samples of input 
signal 140, defined as 



where 



X(n)=[xinX *(«- 1), . . . x(n-M+l)] T . 



(Equation 6) 



(Equation 7) 



In Equation 5, U»<n) denotes the vector of the spec- 
trally weighted samples of focused reference signal 275, 
where 

VM = IM»). M"-0. ■ ■ ■ u,J(n-N+\)} T , and (Equation 8) 



(Equation 9) 



W-[w(l) ( w(2),...iKM)l 7 . 



(Equation 2) 



where T denotes the vector transpose. The difference 65 
between the stream of samples x(n) from input signal 
140 and the stream of samples y(n) from adapted signal 
290 may be represented by error vector E(n), in which 



in which U(n) represents the stream of samples from 
delayed input signal 250. 

Equations 2 through 9 describe the parameters in- 
cluded within the spectrally weighted LMS update 
algorithm of Equation 1 (see above). The adaptive 
weights h(i) of adaptive filter 110 are modified each 
sample period by the factor B, wherein B=l — fi, via 
scaling blocks 450 (FIG. 2) in order to implement the 
"leaky" LMS algorithm given by Equation 1. 

It is noted that the primary signal processing path, 
which includes input 120 as well as signal processor 300 
and output transducer 308, is uninterrupted except for 
the presence of signal combiner 280. That is, the refer- 
ence and error time sequences to adaptive filter 110 are 
shaped without corrupting the primary signal path with 
the finite precision weighting filters typically required 
in the implementation of conventional frequency- 
weighted noise-cancellation approaches. 

FIG. 7 depicts a top-level flow chart describing oper- 
ation of noise suppression circuit 100. In the following 
discussion the term "execute" implies that one of the 
operative sequences described with reference to FIGS. 
3, 4 and 5 is performed in order to accomplish the indi- 
cated function. Referring to FIGS. 2 and 7, the current 
60 sample of input signal 140 is initially delayed (1710) by 
processing the signal through J-sample delay 160. The 
samples of delayed input signal 250 are then further 
processed (1720) by reference shaping filter 270. The 
resultant stream of samples of focused reference signal 
275 along with the weighted error signal of filtered 
error stream 350 computed during the preceding cycle 
of adaptive filter 110 enable execution of the adaptive 
weight update routine (1730). 
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As is indicated by FIG. 7, subsequent to modification put of digital-to-analog converter 720 is submitted to 

of the adaptive weights, adaptive filter 110 processes output transducer 540. 

(1740) delayed input signal 250 in order to generate Noise probe 690 also supplies noise reference input i 

adaptive signal 290. In this way, adapted signal 290 is 691 to reference shaping filter 730 which in turn is cou- jl 

made available to combiner 280, which produces de- 3 pled to adaptive filter 510. Broadband noise signal 690 

sired output signal 295 by subtracting (1750) adapted and noise reference signal 691 generated by noise probe 

signal 290 from input signal 140. Desired output signal 670 are preferably identical, and ensure that adaptive 

295 is then supplied to error shaping filter 310 to allow operation of feedback cancellation circuit 500 is sus- 

computation (1760) of filtered error stream 350 to be tained during periods of silence or minimal acoustical; 

used during the next processing cycle of adaptive filter 10 inp U t Specifically, the magmtudeof broadband noise 
110. The process described with reference to FIG. 7 690 provided' to summation node 650 should be 

occurs during each sample period, at which time a new large enough to ensure that at least some acoustical 

sample of input signal 140 is provided by input 120 and energy is received by input 520 (as a feedback_signal; 

a new desired output signal 295 is supplied to signal ^0)m the absence of other signal mputT In this way, the 1 

processor 300. 15 weighting - coefficients within'adaptive filter 510 are 

Feedback Suppression Circuit prevented from "floating" (i.e. from becoming ran-j 

domly arranged) during periods of minimal audio input. 1 

FIG. 8 shows a feedback suppression circuit 500 in Noise probe $79 ^ conventionally realized with] | 

accordance with the present invention, adapted for use for exflmp j ej a ran dom number generator operative to 1 

in a hearing aid (not shown). Feedback suppression 20 prov ide a random seo^ence corresponding to a substani | 

circuit 500 uses a time-domain method for substantially tially uniform| wideband noise signal. The broadband 1 

canceling the contribution made by undesired feedback noise ^ 690 can be provided at a level below the 1 

energy to incident audio input signals. As is described fludi threshold of users, usually significantly hear/ 

more fully betow, the feedback suppression band of ^.^aired users, and is perceived as a low-level white 

adaptive filter 510 included within feedteck suppression 25 J ^ ^ affl £ ed ^ less sevefe h ^ 

circuit 500 is defined by selectively pre-filtenng filtered \ OSSGS Q 
reference noise signal 740 anc I mtered error signal 645 fastcr ' 

provided to adaptiv^r 510. Tins signal shaping ^ m ^ 5lQ ^ ^ ^ 

focuses the circuit's feedback cancellation capability on * * £ . . . f, , JL^^v, a;«~™ 

the frequency band of interest (e.g. 3 to 5 knoHertz), 30 b * breakm S ** 103111 P ath by temp ?I^ y dlSCOn " 

mcu^ucuv-y udmiu •» »* h necting the output of signal processor 630 from com- 

thus resulting m efficient utilization of the resources of u- 

adaptive filter 510. In this way, the principles underly- bmer 05U. 

^operation of feedback suppression cirxuit 500 are Alternatively as shown in FIG. 10, second micro- 

seen to be substantially sinular to those incorporated phone 521 may be used in heu of the noise probe 670 to 

within noise suppression circuit 100 shown in FIG. 1, 35 P rov "* e reference S1 ^ 69 ? f 1 M ™ dls " 

with specific implementations of each circuit being cussed wth reference to FIG. 9, such second micro- 

disposedto reduce undesired signal energy over differ- |bone 521 will preferably be positioned a sufficient far 

ent frequency bands from the microphone preferably mcluded within mput 

Referring to FIG. 8, feedback suppression circuit 500 520 to prevent cancellation of speech energy within 

has an input 520 which may be any conventional source 40 m P ut ngnal 530 ; ^ „ m ^ 0 a 

of an input signal mcluding, for example, a microphone Continuing with reference to FIGS. 8 and 10, filtered 

and signal processor. A microphone (not shown) prefer- reference noise signal 740 applied to modify the weights 

ably included within input 520 generates an electrical of adaptive filter 510 is created by passing noise refer, 

input signal 530 from sounds external to the user of the ence signal 691 through reference shapmg filter 730 

hearing aid, from which is synthesized an output signal 45 Error shaping filter 640 and reference shapmg filter 730 

used by output transducer 540 to emit filtered and am- preferably will be realized as finite impulse response 

plified sound 545. Input 520 also includes an analog to 0^) fflters governed by a transfer characteristic for- 

digital converter (not shown) so that input signal 530 is mulated to pass a feedback spectrum (e.g., 3 to 5 kilo- 

a digital signal. As is indicated by FIG. 8, some of the Hertz) desired to be removed from input signal 530. 

sound 545 emitted by output transducer 540 returns to 50 Because the speech component of input signal 530 is not 

the microphone within input 520 through various feed- present within reference noise signal 691, the speech 

back paths generally characterized by feedback transfer energy within input signal 530 will be uncorrelated with 

function 550. Feedback signal 570 is a composite repre- adaptive output signal 580 synthesized by adaptive filter 

sentation of the aggregate acoustical feedback energy 510 from noise reference signal 691. As a consequence, 

received by input 520. 55 the speech component of input signal 530 is left basi- 

Adaptive output signal 580 generated by adaptive cally intact subsequent to combination with adaptive 
filter 510 is subtracted from input signal 530 by input output signal 580 at signal combiner 600 irrespective of 
signal combiner 600 in order to produce a feedback the extent to which shaping filters (640 and 730) trans- 
canceled signal 610. Feedback canceled signal 610 is mit signal energy within the frequency realm of intelli- 
supplied both to signal processor 630 and to error snap- 60 gent speech. This enables the transfer characteristics of 
ing filter 640. Signal processor 630 preferably is imple- the shaping filters (640 and 730) to be selected in an 
merited in the manner described above with reference to unconstrained manner to focus the feedback cancella- 
signal processor 300 of noise cancellation circuit 100. tion resources of the feedback suppression circuit 500 
Output 635 of signal processor 630 is added at summa- over the spectral range in which the gain in feedback 
tion node 650 to broadband noise signal 690 generated 65 transfer function 550 is the largest, 
by noise probe 670. Composite output signal 655 ere- Determination of feedback transfer function 550 may 
ated at summation node 650 is provided to digital-to- be accomplished empirically by transmitting noise en- 
analog converter 720 and adaptive filter 510. The out- ergy from the location of output transducer 540 and 
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measuring the acoustical waveform of feedback signal by said first filter and said selectively passed 

570 received at input S20. error signal; 

Alternatively, feedback transfer function 550 may be whereby said undesired component is effectively 

analytically estimated when particularized knowledge removed from said input signal without substan- 

is available with regard to the acoustical characteristics 5 tially affecting said desired component of said 

of the environment between output transducer 540 and input signal 

input 520. For example, information relating to the 2. The apparatus of claim 1 further including decorre- 

acoustical properties of the human ear canal and to the lation means inserted between said input signal and said 

specific physical structure of the hearing aid could be first filter means, and between said input signal and said 

utilized to analytically determine feedback transfer 10 adaptive filter means, for decorrelating said input signal 

function 550. from said adaptive filter output signal. 

FIG. 11 illustrates an alternative embodiment of the . 3- The apparatus of claim 2 wherein said decorrela- 
feedback suppression apparatus of the present inven- tion means comprises a signal delay circuit that delays 
tion. Since the feedback suppression apparatus previ- transmission of said input signal, 
ously illustrated in FIG. 8 typically may be used in 15 4 - ^ apparatus of claim 3 wherein said mput signal 
environments having a level of noise, it is possible in comprises a digital signal obtained by sampling an ana- 
some circumstances to eliminate the noise probe genera- lo 8 durin 8 successive sample periods, and 
tor 670 of FIG. 8. As illustrated in FIG. 11, elirninating wlierdn ^ ddav «rcoit delays transmission of 
the noise probe generator enables adaptive filter 510 to _ b V * le f ? four of Pf nods ' 
relyofpre^aofsomenoisemmeoutput«5ofsignal 20 *■ Thc apparatus of claom 1 wherem said adaptive 
pr«xs£r 630 in frequency band of interest. Adaptive ^ » a ™ ha ™« a «f of filter coeffici- 
filter 510 adapts only to error shaping filter 640, which means for penodicaUy updating said filter coef- 
focuses the adaptive energy of adaptive filter 510 to the m accordance with values of said reference 
portion of mcoming si^al coXiing the feedback „ l « Bal "J a of eXTOr agnal ? T<r 5 £f 
component, and to signal «5 output from signal proces- 25 second filter means, so as to minimize a predefined least 

^ f> • -f^TT *L _ means sauare error value, 

sor 630. Output 655 of signal processor 630 * fed di- m ^^L of claim 5 wherein said adaptive 

rectly to the mput of adaptive filter 510 and to digital- ^ means ^ her a [q post-filter net- 

to-^nalog converter 720. work, said p^t-filter network including: 

While the present invention has been described with ^ means fo ^ elaying ^ ^ t signal * 

reference to a few specific embodiments, the descnp- a low mter addresse d by said adaptive filter 

ton is illustrative of the mvention and is not to be con- output signal and 

strued as limiting the invention. Various modifications a ^ op cratively coupled to'said delayed 

may occur to those skilled m the art without departing ^ signa] ^ to „ output ofsaid low-pass filter, 

from the true spirit and scope of the invention as defined 35 ? ^ app^^ of claim x whercm said adaptive 

by the appended claims. For example, algonthms other flhcr mcans fa a p TR fllter filter coefficients h(i) 

than the LMS filter algorithm may be used to control and coe ffi c ient updating means for updating said filter 

the adaptive filters included within noise suppression coefficients in accordance with a leaky least means 

circuit 100 and feedback cancellation circuit 500. Simi- re update function of the form: 
larly, shaping filters (270, 310, 640 and 730) may be 40 

tuned so as to focus adaptive filtering to eliminate unde- JW0=O -flWO+jwzOVw 
sired signal energy over spectral ranges other than 

those disclosed herein. wherein p. is an adaptation constant, 0 is a real num- 

What is claimed is: ber between zero and one, h ne J(i) represents an i th filter 

1. A noise suppression apparatus for processing an 45 coefficient's updated value, ho&O) represents said i rt 

audio input signal having both a desired component and filter coefficient's previous value, u*(i) denotes an i<* 

an undesired component, comprising: sample of the reference signal, and c w denotes the por- 

first filter means opcratively coupled to said input tion of said error signal passed by said second filter 

signal for generating a reference signal by selec- means. 

tively passing an audio spectrum of said input sig- 50 8. The apparatus of claim 1 wherein spectral energy 

nal containing primarily said undesired component; included within said undesired component, within said 

adaptive filter means opcratively coupled to said reference signal, and within said filtered error signal is 

input signal and to said reference signal for adap- generally confined to frequencies below ] kiloHertz. 

tively filtering said input signal in order to provide 9. For use in an audio system having microphone 

an adaptive filter output signal; 55 means for generating an input signal from sounds exter- 

combining means operatively coupled to said input nal to said system and transducer means for emitting 

signal and to said adaptive filter output signal for . sound in response to an output signal provided by signal 

combining said adaptive filter output signal with processing means, wherein a portion of the sound emit- 

said input signal to cancel said undesired compo- ted by said transducer means propagates to the micro- 

nent from said input signal and produce an error 60 phone means to add a feedback signal to the input sig- 

signal; and nal, a feedback suppression apparatus comprising: 

second filter means receiving said error signal for probe means for generating a noise signal, said noise 

selectively passing to said adaptive filter means an signal being injected into said output signal; 

audio spectrum of said error signal corresponding combining means operatively coupled to said input 

to said undesired component of said input signal; 65 signal and to an adaptive filter output signal for 

said adaptive filter means being controlled in ac- subtracting said adaptive filter output signal from 

cordance with a signal filtering algorithm that said input signal so as to substantially cancel said 

employs both said input signal selectively passed feedback signal from said input signal and to gener- 
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ate an error signal that is input into said signal second filter means operatively coupled to said error 

processing means; signal for selectively passing to said adaptive filter 

first filter means operatively coupled to said error means an audio spectrum of said error signal corre- 

signal for generating a filtered error signal by selec- sponding to said undesired component of said input 

tively passing an audio spectrum of said error sig- 5 signal; 

nal corresponding to said feedback signal's audio said adaptive filter means being controlled in accor- 

spectrum; dance with a signal filter algorithm that employs 

adaptive filter means operatively coupled to said both said reference signal and a portion of said 

filtered error signal for generating said adaptive error signal passed by said second filter means; 

filter output signal and for providing said adaptive 10 a signal processor having an input coupled to said 

filter output signal to said combining means; and error signal and producing an desired output sig- 

second filter means for selectively passing to said nal; 
adaptive filter means an audio spectrum of said output transducer means for emitting sound" in re- 
noise signal corresponding to said feedback signal's sponse to said desired output signal; 
audio spectrum. 15 whereby said undesired component is effectively 

10. The apparatus of claim 9 wherein said first and removed from said input signal without substan- 
second filter means respectively include first and sec- tially affecting said desired component of said 
ond FIR filters having passbands encompassing the input signal. 

spectral range between 3 and 5 kiloHertz. 16. The auditory prosthesis of claim 15 further includ- 

11. The apparatus of claim 9 wherein said adaptive 20 ing decorrelation means inserted between said input 
filter means is a FIR filter having a set of filter coeffici- signal and said first filter means, and between said input 
ents and including means for periodically updating said signal and said adaptive filter means, for decollating 
filter coefficients, in accordance with values of said said input signal from said adaptive filter output signal, 
filtered error signal and a portion of said noise signal 17. The auditory prosthesis of claim 16 wherein said 
passed by said second filter means, so as to minimize a 25 decorrelation means comprises a signal delay circuit 
predefined least means square error value. that delays transmission of said input signal. 

12. The apparatus of claim 9 wherein said adaptive 18. The auditory prosthesis of claim 17 wherein said 
filter means is a FIR filter having filter coefficients h(i) input signal comprises a digital signal obtained by sam- 
and coefficient updating means for updating said filter pling an analog signal during successive sample periods, 
coefficients in accordance with a leaky least means 30 and wherein said signal delay circuit delays transmis- 
square update function of the form: sion of said digital signal by at least four of said sample 

periods. 

W^d-M+^iK 19. The auditory prosthesis of claim 15 wherein said 

adaptive filter means is a FIR filter having a set of filter 
wherein u. is an adaptation constant, /3 is a real number 35 coefficients and including means for periodically updat- 
between zero and one, h new (i) represents an i th filter mg said filter coefficients, in accordance with values of 
coefficient's updated value, hold® represents said i th said reference signal and a portion of said error signal 
filter coefficient's previous value, u^i) denotes an i th passed by said second filter means, so as to minimize a 
sample of the reference signal, and e* denotes the por- predefined least means square error value, 
tion of said error signal passed by said second filter 40 20. The auditory prosthesis of claim 19 wherein said 
means. adaptive filter means further includes a low-pass post- 
13. The apparatus of claim 9 wherein spectral energy filter network, said post-filter network including: 
included within said filtered error signal is generally means for delaying said input signal, 
confined to frequencies between 3 and 5 kiloHertz. a low-pass filter addressed by said adaptive filter 

14. The apparatus of claim 9 wherein said probe 45 output signal, and 

means includes a random number generator for intro- a difference node operatively coupled to said delayed 

ducing a sequence of random numbers into said noise input signal and to an output of said low-pass filter, 

signal. 21. The auditory prosthesis of claim 15 wherein said 

15. An auditory prosthesis disposed to process acous- adaptive filter means is a FIR filter having filter coeffi- 
tical signal energy, comprising: 50 cients h(i) and coefficient updating means for updating 

a microphone for generating an audio input signal in said filter coefficients in accordance with a leaky least 

response to said acoustical signal energy, said input means square update function of the form: 
signal having both a desired component and an 

undesired component; Am^O^O -fthoM+ntiUQe* 

first filter means operatively coupled to said input 55 

signal for generating a reference signal by selec- wherein u. is an adaptation constant, & is a real number 

tively passing an audio spectrum of said input sig- between zero and one, h ne Jji) represents an i^ filter 

nal containing primarily said undesired component; coefficient's updated value, ho/a© represents said i* 

adaptive filter means operatively coupled to said filter coefficient's previous value, u*(i) denotes an i rt 
input signal and to said reference signal for adap- 60 sample of the reference signal, and e w denotes the por- 

tively filtering said input signal in order to provide tion of said error signal passed by said second filter 

an adaptive filter output signal; means. 

combining means operatively coupled to said input 22. The auditory prosthesis of claim 15 wherein spec- 
signal and to said adaptive filter output signal for tral energy included within said undesired component, 
combining said adaptive filter output signal with 65 within said reference signal, and within said filtered 
said input signal to cancel said undesired compo- error signal is generally confined to frequencies below 1 
nent from said input signal and produce an error kiloHertz. 

signal- 23. An auditory prosthesis comprising: 
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microphone means for generating an input signal 
from sounds external to said prosthesis; 

transducer means for emitting sound in response to an 
output signal, wherein a portion of the sound emit- 
ted by said transducer means propagates to the 
microphone means to add a feedback signal to the 
input signal; 

signal processing means for producing said output 
signal; 

probe means for generating a noise signal, said noise 
signal being injected into said output signal; 

combining means operatively coupled to said input 
signal and to an adaptive filter output signal for 
subtracting said adaptive filter output signal from 
said input signal so as to substantially cancel said 
feedback signal from said input signal and to gener- 
ate an error signal that is input into said signal 
processing means; 

first filter means operatively coupled to said error 
signal for generating a filtered error signal by selec- 
tively passing an audio spectrum of said error sig- 
nal corresponding to said feedback signal's audio 
spectrum; 

second filter means for selectively passing an audio 
spectrum of said noise signal corresponding to said 
feedback signal's audio spectrum; and 

adaptive filter means operatively coupled to said 
audio spectrum of said noise signal from said sec- 
ond filter means and to said filtered error signal for 
generating said adaptive filter output signal and for 
providing said adaptive filter output signal to said 
combining means. 

24. The auditory prosthesis of claim 23 wherein said 
first and second filter means respectively include first 
and second FIR filters having passbands encompassing 
the spectral range between 3 and 5 kiloHertz. 

25. The auditory prosthesis of claim 23 wherein said 
adaptive filter means is a FIR filter having a set of filter 
coefficients and means for periodically updating said 
filter coefficients, in accordance with values of said 
filtered error signal and a portion of said noise signal 
passed by said second filter means, so as to minimize a 
predefined least means square error value. 

26. The auditory prosthesis of claim 23 wherein said 
adaptive filter means is a FIR filter having filter coeffi- 
cients h(i) and coefficient updating means for updating * 5 
said filter coefficients in accordance with a leaky least 
means square update function of the form: 
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wherein ji is an adaptation constant, )3 is a real num- 
ber between zero and one, h ne *(i) represents an i** filter 
coefficient's updated value, h^i) represents said 
filter coefficient's previous value, u*(i) denotes an i' A 
sample of the filtered error signal, and t w denotes the 55 
portion of said error signal passed by said second filter 
means. 

27. The auditory prosthesis of claim 23 wherein spec- 
tral energy included within said feedback component 
and within said filtered error signal is generally con- 60 
fined to frequencies between 3 and 5 kiloHertz. 

28. The auditory prosthesis of claim 23 wherein said 
probe means includes a random number generator for 
introducing a sequence of random numbers into said 
noise signal. 65 

29. For use in an audio system having input micro- 
phone means for generating an input signal from sounds 
external to said system and transducer means for emit- 



ting sound in response to an output signal provided by 
signal processing means, wherein a portion of the sound 
emitted by said transducer means propagates to the 
input microphone means to add a feedback signal to the 
input signal, a feedback suppression apparatus compris- 
ing: 

reference microphone means responsive to said feed- 
back signal for generating a noise signal, said noise 
signal being injected into said output signal; 

combining means operatively coupled to said input 
signal and to an adaptive filter output signal for 
subtracting said adaptive filter output signal from 
said input signal so as to substantially cancel said 
feedback signal from said input signal and to gener- 
ate an error signal that is input into said signal 
processing means; 

first filter means operatively coupled to said error 
signal for generating a filtered error signal by selec- 
tively passing an audio spectrum of said error sig- 
nal corresponding to said feedback signal's audio 
spectrum; 

second filter means for selectively passing an audio 
spectrum of said noise signal corresponding to said 
feedback signal's audio spectrum; and 

adaptive filter means operatively coupled to said 
audio spectrum of said noise signal and to said 
filtered error signal for generating said adaptive 
filter output signal and for providing said adaptive 
filter output signal to said combining means. 

30. For use in an audio system having microphone 
means for generating an input signal from sounds exter- 
nal to said system and transducer means for emitting 
sound in response to an output signal provided by signal 
processing means, wherein a portion of the sound emit- 
ted by said transducer means propagates to the micro- 
phone means to add a feedback signal to the input sig- 
nal, a feedback suppression apparatus comprising: 

combining means operatively coupled to said input 
signal and to an adaptive filter output signal for 
subtracting said adaptive filter output signal from 
said input signal so as to substantially cancel said 
feedback signal from said input signal and to gener- 
ate an error signal that is input into said signal 
processing means; 

filter means operatively coupled to said error signal 
for generating a filtered error signal by selectively 
passing an audio spectrum of said error signal cor- 
responding to said feedback signal's audio spec- 
trum; 

adaptive filter means operatively coupled to said 
filtered error signal for generating said adaptive 
filter output signal and for providing said adaptive 
filter output signal to said combining means. 

31. The apparatus of claim 30 wherein said filter 
means comprise an FIR filter having a passband encom- 
passing the spectral range between 3 and 5 kiloHertz. 

32. The apparatus of claim 30 wherein said adaptive 
filter means is a FIR filter having a set of filter coeffici- 
ents and including means for periodically updating said 
filter coefficients, in accordance with values of said 
filtered error signal and a portion of said error signal 
passed by said filter means, so as to minimize a prede- 
fined least means square error value. 

33. The apparatus of claim 30 wherein said adaptive 
filter means is a FIR filter having filter coefficients h(i) 
and coefficient updating means for updating said filter 



03/18/2004, EAST Version: 1.4.1 



5,402,496 

17 18 

coefficients in accordance with a leaky least means sample of the filtered error signal, and e„ denotes the 

square update function of the form: portion of said error signal passed by said filter means. 

**««=(i 34. The apparatus of claim 30 wherein spectral en- 

5 ergy included within said feedback signal and within 

wherein p is an adaptation constant, fi is a real num- coofined ^ uencies ^ 

ber between zero and one, h neif (i) represents an X th filter e ^ ^ 

coefficient's updated value, Wi) represents said tween 3 and 5 kiloHertz. 

filter coefficient's previous value, u^i) denotes an i th * * * * * 
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(57] ABSTRACT 

A hearing aid includes a filter in an electrical feedback 
path, the characteristics of which filter are calculated to 
model acoustic coupling between the receiver and mi- 
crophone of the aid. A limiter is inserted in the main 
electrical pathway between the microphone and the 
recdverje^pjroyide s^Uity:in:the:presence:of:suddelP 
sojmd^bums—^noisTsignal is injected continuously 
into the electrical circuit and is used to adapt the char- 
acteristics of the filter to accommodate changes in the 
acoustic coupling. The level of the noise signal can be 
varied to match changes in residual signal level to main- 
tain signal to noise ratio and to optimize rate of adaption 
commensurate with satisfactory hearing function while 
the noise itself is unobtrusive to the user. 

17 Claims, 6 Drawing Sheets 
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HEARING AID HAVING COMPENSATION FOR ^0^^^^^^ *" 
ACOUSTIC FEEDBACK since the elimination of acoustic feedback is not pos- 

sible. effort has been directed to suppress the occur- 
Nn^/«nm n h 8 1 C ° nt f. Ua ,o^ ° f •Wte*«.Ser. 5 rence of oscillation. The frequency response of hearing 
No. 07/567,370, filed Aug. 14. 1990, now abandoned. aids means that oscillation usually occurs at frequencies 

BACKGROUND OF THE INVENTION w ,be range 1 10 4 **** and the frequency is set by 

1 Tprhnwt sn.M " nonnal N V<l uist conditions (Le. loop gain that is 

1. Techmcal Field greater than zero decibels and zero phase difference 
ine present invention concerns improvements in or 10 between wanted signal and echo) 

relating to hearing aids and more particularly hearing Oscillatory conditions may be suppressed by the user 

S- 7S£ ^T^"t the ^^l C) ' tmdD * d0wn ,he volume controU.e. reducing gS 

SL*^ a behWd 'r' ^ hearin 8 aids oscillation has occurred. This however is gener" 

which share the common feature that the microphone ally inconvenient to the user. Therefore techniques 

JtatteSv^fSS % m m0Unted on a 15 ^v* been developed for preventing the occurrence of 

single body and are closely spaced. oscillation. Thus the electronic gain of an aid has been 

A number of mechanisms can contribute to the aeons- reduced for frequencies where oscillation is likely to 

tic feedback that occurs .in these aids. In all cases there occur. This however means that the prescribed hinh 

T\°Sf ur « "^voidable acoustic or mechanical cou- frequency response for a deaf user would be compro- 
pling through the body or the inner volume of the hear- 20 mised deliberately at these high frequencies which are 

Acoustic feedback will also occur as sound is usually in the range 1 to 4 kHz and also quite near to the 

. .1 nt r eba ^ md * channelled from the re- natural resonant frequency of the ear canal of about 3 

£l!l"°.£ e mCT y> h ™- ™«« » *e case of "behind. kHz. Also receivers have been designed to reduce their 

tne-ear aids sound can be reflected by the surrounding electro-acoustic gain particularly at the resonant fre- 
head structures and in the case of "in-the-canal" and 25 quency of the receiver where a relative gain figure of 10 

in-the-ear aids acoustic coupling can occur through decibels or more can occur. However, this peak is nor- 

an unmtended aperture around the periphery of the mally desirable so as to reproduce the natural canal 

mould of the hearing aid. resonances of a nonnal ear. 

• t CMe "^^^ heann B aids, venting is In all cases of oscillation avoidance considered above 
included as a means for reducing occlusion-that is to 30 it will be noted that a design compromise is necessary 

say, to avoid a blocked ear sensation. A further benefit and that in consequence such hearing aids can only offer 

of including venting is that it allows the direct input of a sub-optimum performance to the user, 

unamphfied low frequency sound into the ear-an im- Other corrective techniques have involved the detec- 

portant benefit for those patients that suffer a high fre- tion of the onset of oscillation and the provision of 
quency loss with only minor loss at low frequency and 33 cancellation or other compensation in response Thus a 

who have therefore no need for amplification in this detected signal has been used as a means of controlling 

lower frequency range. There is also available a wide an automatic gain stage. An alternative technique is to 

range of vent sizes. Whilst larger diameter vents are use the detected signal to control the generation of an 

more effective for reducing occlusion than vents of internal oscillation and to use the latter to cancel the 
smaller diameter, they also give rise to an increase in 40 unwanted oscillation. This technique has to be adaptive 

acoustic feedback. Vent sizes are thus limited by the since the oscillation frequency and amplitude will vary 

attendant need to avoid excessive acoustic feedback. according to changes in external conditions. Further- 

Large sizes of vent now are used infrequently and are more the detected signal has been used to adjust the 

limited in application to aids using only lower gain centre frequency of a notch filter, that is to say a filter 
amplication. 4S with a frequency selective reduction in gain centered at 

A number of problems are associated with acoustic or near the oscillation frequency 

feedback. The most commonly considered is the occur- In the above techniques involving oscillation detec- 

rence of oscillation. This occurs at high gain level and is tion however no compensation is provided for the ef- 

usually persistent At gam settings just below those that fects of acoustic feedback at those frequencies remote 
cause such oscillation "ringing effects" are perceivable. 50 from the oscillation frequency 

This latter causes further unpleasant sensation and re- An alternative approach to the above is proposed in 

duces the intelhgabihty of speech and other wanted U.S. Pat. No. 4,783,818. As proposed the effects of 

sound. An add.tional effect is that the acoustic feedback acoustic feedback are compensated by electrical new.- 

contributes to gam dependant perturbations in the fre- tive feedback. The negative feedback path includefa 

quency response of the hearing aid. Such uncontrolled 55 filter the characteristics of which are modeled on those 

frequency response effects occur at gains well below identified inter alia for the acoustic feedback path toetf 

the onset of oscillation and can cause quite discernable, The communication system described, which may be 

and sometimes considerable, distortion in the perceived for example a hearing aid, is constructed to have two 

sound, and accordingly do reduce the effectiveness of time consecutive modes of operation: an ordinary oper-^ 

the hearing aid in meeting presented characteristics. 60 ational mode; an* an identification mode: ii the oroi- 

1.' • "52 ,C 1^ Pn0r . A " aa *y operational mode the compensated electrical slg- 

It is difficult to avoid the occurrence of acoustic nal is fed through an amplifier and thereon used to 

feedback Thus m the case of in-the-ear" aids leakage energise the receiver. In the identification mode, which 

can be reduced by making the ear mould a tighter fit. may be selected e.g. at tun,™ or in respons; to an 

This however is hard to achieve and is far from ideally 65 automatically sensed threshhold change in amnlifier 

comfortable for the user. It is also not possible to elimi- . gain, the amplifier is decoupled from the circuit and a 

nate internal acoustic feedback. In both cases however correction circuit is substituted. The correction circuit 

it is possible to reduce the level of acoustic. feedback by includes a source of nbise for example pseudZuXn 
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binary-sequence signals and parameters associated only 
with acoustic feedback are identified and used to define 
the transfer function of the filter that is then subse- 
quently used during ordinary operation. It is a disadvan- 
tage of this construction however that during the identi- 
fication mode of operation the hearing aid behaves as a 
generator of acoustic noise and does not provide any 
effective hearing aid operation at all. Also ordinary 
operation is only satisfactory so long as the acoustic 



It is a further preferred object of the invention to 
provide such adaptive change without any interruption 
of hearing aid function. 

It is yet a further preferred object of the invention to 
provide such adaptive change in continuous response to 
the temporal changes arising in the acoustic coupling 
aforementioned. 

According to the present invention, there is provided 
a hearing aid in which acoustic feedback between re* 



feedback remains substantially the same as that for 10 ceiver and microphone is electrically compensated by 



which the parameters are identified. The proposed con- 
struction therefore is not entirely satisfactory for hear- 
ing aid application. 

This type of approach has also been considered ex- 
perimentally. See the following thesis entitled "Digital 
Suppression of Acoustic Feedback in Hearing Aids" by 
Leland C. Best, University of Wyoming, May 1985. In 
this are described several experiments on an adaptive 
digital filter applied as a continuously adaptive feedback 
path to compensate for acoustic feedback in the hearing 
aid. A digital random number generator using the con- 
gruence method is employed as the source of noise 
which is injected into the acoustic path for deriving 
adaptively the filter parameters. 



15 



20 



applying an electrical feedback signal to an electrical 
path including an amplitude limiting device between the 
microphone and the receiver, the amplitude limiting 
device being arranged such that the receiver shall not 
enter its non linear region of operation which is outside 
of the amplifier-receiver upper and lower; linearity lim- 
its, the electrical feedback signal being derived by ex- 
tracting an electrical response signal from the electrical 
path after the output of the amplitude limiting device 
and passing the same through a filter the characteristics 
of which are calculated to model acoustic coupling 
between the receiver and the microphone. 

The present invention provides for practical applica- 
tion of a feedback cancellation by the deliberate inclu- 



• -> 1 ■ 25 ivwuuawR woiiMuauuii uy LUC UCJUUCJttlC lHUlU- 

The experimental apparatus described in this thesis sion in the electrical output path of a device which has 



30 



does not form a practical hearing aid. This is principally 
because of the problem of non-linearities in the feed- 
back, as described in Chapters IV and VI of this refer- 
ence. Such non-linearities become manifest when the 
output signal momentarily exceeds the linear region of 
the response of the output transducer. Under these cir- 
cumstances the digital filter is no longer able to produce 
an accurate replica cancelling the feedback signals. 
Since the digital filter would generally be employed to j 5 
enhance the gain of the hearing and, it would be quite 
common for both the acoustic path and the digital filter 
path each to be unstable when separate, only stabilising 
each other by producing accurate replicas of each oth- 
ers feedback signals. At the onset of non-linearity as ^ 
described the feedback signals in the two parts no 
longer cancel each other and both parts become unsta- 
ble. The hearing aid therefore becomes unstable, and 
may remain so indefinitely, 



such performance characteristics as will ensure that the 
signal is prevented from reaching the non-linear region 
of the transducer response. The device is included in the 
circuit in such a location as it can effect the signal ap- 
plied both to the output transducer and to the cancella- 
tion network so as to ensure that the signal input to the 
cancellation network is at all times representative of the 
acoustic signal emanating from the transducer. Both the 
acoustic path and cancellation path thus operate in their 
respective linear regions and non linear oscillations are 
avoided. The need to interrupt the transmission of am- 
plified sound is thereby diminated. 

BRIEF DESCRIPTION OF THE DRAWINGS 

In the drawings accompanying this specification: 
FIG. 1 is a block circuit diagram of a hearing aid 
having provision for adaptive electrical feedback; 
FIG. 2 is a block circuit diagram of adaptive compo- 



In Chapter IV of this reference, this problem is 45 nents used in the above modified hearing aid; 



solved for experimental purposes by detecting that this 
situation is likely to have occurred, and silencing the 
transmission of output signal until this system recovers. 
This is performed for example by ramping down the 
amplifier gain to zero. See pages 26 to 28 of this refer- 
ence. Such a solution would not be acceptable in prac- 
tice however since it would result in fairly frequent 
interruptions of the amplified sound. 

SUMMARY OF THE INVENTION 

The present invention is intended to provide a rem- 
edy to the problems aforesaid. 

It is an object of the present invention to provide 
compensation for acoustic feedback occurring due to 
unavoidable acoustic coupling between the receiver 60 3; and 



50 



55 



FIG. 3 is a block circuit diagram of a hearing aid a 
modification of the aid shown in FIG. 1; 

FIG. 4, is a block circuit diagram for an amplifier 
including automatic gain control; 

FIG. 5 is a block circuit diagram for a limiter such as 
that used in the circuits of FIGS. 1 and 3 above; 

FIGS. 6 and 7 are block circuit diagrams illustrating 
alternative positions for the limiter used in the aid of 
FIGS. 1 and 3 above; 

FIGS. 8 and 9 are block circuit diagrams of a pseudo- 
random-binary-sequence generator and a variant 
thereof; 

FIG. 10 is a block circuit diagram of a noise level 
control circuit for use in the hearing aid shown in FIG. 



and microphone of the hearing aid. 

It is a further object to provide operational stability 
for the hearing aid in the presence of abrupt and tran- 
sient increases in the level of ambient sound. 

It is a preferred object of the invention to provide 65 
adaptive change in such compensation to accommodate 
temporal changes arising in the acoustic coupling be- 
tween the receiver and the microphone. 



FIG. 11 is a schematic view of a vented hearing aid 
for use with the present invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

Embodiments of the invention will now be described 
and reference will be made to the drawings. The de- 
scription that follows Is given by way of example only. 



03/18/2004, EAST Version: 1.4.1 



5,259,033 

5 6 

In FIG. 1 there is shown a hearing aid 1 which but for The normal signal path for wanted signals from the 
the inclusion of an adaptive circuit 3 is otherwise of . microphone 5 to the receiver 11 is the direct path a-b-c- 
conventiona! design and comprises an acousto-electric d-e-f-g-h as shown. It will be noted that the path ele- 
transducer--i.e. a miniature microphone 5— a preampli- ments a, b, g and h are analogue and thus provided by 
fier 7; a main amplifier 9; and an electro-acoustic transr 5 single conductors. Direct path elements c, d, e and f 
ducer— i.e. a receiver 11. The preamplifier 7 may be however are all digital and will thus comprise each a 
constructed as shown in FIG. 4 to provide a compensa- number of parallel conductors; Each path element 
tion for excessively loud speech signal such as that could have for example between 8 and 12 parallel con- 
eminating from the user of the hearing aid. In one path ductors according to the bit resolution of the analogue- 
77 of this amplifier there is included a low pass filter 79 10 to-digital converter 17. 

and a first amplifier 81. The gain of this first amplifier 81 Electrical feedback is extracted by means of a tap 25 
is controlled by means of an automatic gain control on section f of the main path, that is to say the section 
circuit 83. In the other parallel path 85 of the preampli- between the digital summer 21 and the digital-to- 
fier 7 there is included a high pass filter 87 and a second analogue converter 19, ie. the electrical feedback signal 
amplifier 89. The signals from each of the amplifiers 81 15 taken from this tap includes an injected noise signal 
and 89 are summed at a summing node 9L In the con- component The tapped electrical feedback signal is 
nective electrical path 13 between the preamplifier 7 passed through an adaptive filter 27, as shown here a 
and the main amplifier 9, a limiter 15 is inserted so as to finite impulse response (FIR) filter, and after passage 
prevent the electrical signal reaching an amplitude level through this filter 27 it is applied to the subtractive 
exceeding the amplifier-receiver upper and lower lin- 20 digital adder 23. For convenience, in this arrangement 
earity limits of each of the main amplifier 9 and the the digital signal from the tap 25 is passed through a 
receiver 11. In the arrangement of conventional compo- delay line 29 before reaching the filter 27, The delay 
nents and limiter thus far described the acousto electric time of this line 29 is designed to model the minimum 
gain of the microphone 5, the gain of the preamplifier 7, acoustic transit time between the receiver 11 and the 
the gain of the main amplifier 9, and the electro-acoustic 25 microphone 5. 

gain of the receiver 11 are all designed to have a suitable The inclusion of this delay line 29 is not essential but 
spectral response so that the insertion gain of the hear- it avoids redundancy in filter and correlator stages. The 
ing aid conforms (matches) as near as is possible to finite impulse response filter 27 is adaptively controlled 
prescriptive requirements. by multiplicative coefficients derived using a correlator 

For general convenience the adaptive circuit 3 has 30 31. The correlator 31 looks for a correlation between 
been constructed using an all digital implementation. the injected noise signal N and any noise component in 
The construction of the adaptive circuit 3 however is the residual signal formed at the output of the subtrac- 
not restricted to the details of the design shown and tive node, Le. the digital adder 23. The injected noise 
mixed digital-analogue and/or analogue implementa- signal N is generated using a source 33 and is injected 
tions are not precluded. 35 into the main signal path using the summing node, digi- 

The input of the adaptive digital circuit arrangement tal adder 21, after attenuation via a multiplier 35. The 
3 is interfaced to the preamplifier 7 by an analogue to noise signal is also connected to a reference input of the 
digital converter 17. At its output the digital adaptive correlator 31 and is passed to this via a second delay line 
circuit 3 is interfaced to the main amplifier 9 by a digi- 37 which also inserts a time delay corresponding to the 
tal-to-analogue converter 19. The limiter 15 is also of 40 minimum acoustic transit time already described. The 
digital construction (FIG. 5) and is located in the con- residuaLsignal which is applied to the signal input of the 
nective path between the analogue-to-digital convener l eorreIator 31^5 taken from a tap 39 on the digital section 
17 and the digital-to-analogue converter 19. The signal d of the main path, that is the main path between the 
at the input to the limiter 15 is compared in parallel by subtractive node digital adder 23 and the digital limiter 
means of comparators 97 and 99 and the output signal of 45 15. 

each of these comparators 97 and 99 is used to operate A copy of the electrical output signal at tap f is thus 
serially connected multiplexers 101 and 103. When the passed through the delay 29 into the adaptive Finite 
signal is within the set limits the signal is passed through Impulse Response (FIR) filter 27. This filter is'arranged 
the two multiplexers 101, 103 to the output. If however to produce the adaptive feedback signal, 
one or other of the limits is exceeded the signal is locked 50 This adaptive feedback signal is subtractively 
and one or other of the limit value signals passed to summed with the input signal. In ideal operation the 
output by the multiplexers 101, 103. A summing no- adaptive feedback signal will be arranged to be equal in 
de— a digital adder 21— is interposed in the electrical all respects to the unwanted acoustic feedback that 
connective path between the limiter 15 and the digital- occurs as a result of the mechanisms described earlier 
to-analogue converter 19. This digital adder 21 is to 55 (the acoustic feedback is denoted by a dotted line w in 
provide a node for the injection of a noise signal N as FIG. 1). 

will be described hereinbelow. Of course, it will be If the adaptive feedback signal and the input signal to 
recognized that the limiter upper and lower linearity the digital adder 23 are equal then the output of the 
limits of limiter 15 must lie within the amplifier-receiver digital adder 23 contains no residual feedback because 
upper and lower linearity limits, and the limiter upper 60 the two components will exactly cancel each other, 
and lower linearity limits differ from the amplifier- in order to adapt the filter 27 so that it produces an 
receiver upper and lower linearity limits by an amount exact replica of the electrical signal corresponding to 
at least equal to the level of the noise signal N. A sub- the acoustic feedback, the noise signal N, after attenua- 
tractive node— a second digital adder 23— is inserted in tion via the multiplier 35, is added to the output signal 
the main path between the analogue-to-digital con- 65 and is used to excite the receiver 11. Note that the noise 
vener 17 and the limiter 15. This latter digital adder 23 signal appears in both the internal (adaptive) and exter- 
is provided as a means for introducing electrical feed- nal (acoustic) feedback paths, so that in ideal operation 
back which also will be described hereinbelow. noise feedback will be completely cancelled at the digi- 
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tal adder 23 so that the residual signal on line d contains generator described has the advantage of being simple 

no injected noise. to implement and also is suitable for miniaturisation. It is 

It will be noted that the noise signal N injected into noted however that it is a disadvantage of such a simple 

the main signal path at the summing node 21 passes device, particularly when a low order pseudo-random 

through the digital-to-analogue converter 19 and thence 5 bit sequence is employed, that it has a low repetition 

through the main amplifier 9 and the receiver 11. At the period. This can be a problem when the ambient acous- 

receiver 11 it is converted to produce an acoustic signal. tic signal is highly periodic— for example a long dura- 

This signal is superimposed upon the wanted signal. tion constant frequency sine wave signal. Spurious cor- 

The level of the noise signal produced at the output of relations with the injected signal may. then occur and 

the multiplier 35 is therefore so chosen that the acoustic 10 cause the adaption process to wander, leading to unde- 

level of the output of the receiver 11 is unobtrusive to sirable audible effects* These effects can be eliminated 

the user. Since correlative techniques are used and these by providing a further randomisation of the pseudc-ran- 

are very sensitive, it is possible to use an extremely low dom bit sequence. This is shown for example in FIG. 9 

level of noise signal, indeed one that is little higher than where the signal at the output of the p.r.b.s. generator 

(i.e. within a few dB above) the white noise level of the 15 103, 105 is gated by a second exclusive OR-gate 107 

f Hearing aid itself. For practical use a very efficient ad- whose other input is connected to a source 109 of a 

i aptation behaviour can be obtained by using a constant randomising binary signal, for example it may be con- 

j signal/noise ratio. The level of injected noise is continu- nected to the least significant digital output of the an- 

j ously adjusted to be a certain number of dB lower than logue digital converter 17 of the hearing aid. This has 

\the signal jmdjtherefore unpb^^ the effect of randomising the bit sequence further, and 

level of noise-rdative-to-the.signal gives a very fast J thus of eliminating the wandering effect 

adaptation. This instantaneous signal/noise ratio can be It will be noted that by reducing cancellation of feed- 

say between 12 and 24 dB with 12 dB being suitable for back over a broad range of frequencies, not just a small 

persons with severe hearing losses requiring very high range of frequencies where oscillation can occur, all of 

gain. 24 dB would result in somewhat slower adapta- 25 the effects of the acoustic feedback can be removed, 

tion, but with a noise level practically imperceptible to Thus it would be normally ensured that the noise signal 

a person of near normal hearing requiring more moder- has a flat level characteristic over the range 300 Hz to 7 

ate gain levels. kHz, the conventional bandwidth of a hearing aid. 

In practice, the internal (adaptive) feedback and the Where only avoidance of oscillation is requisite how- 
external (acoustic) feedback do not completely cancel 30 ever a noise signal having a flat spectral characteristic 
and a small amount of noise (and other feedback compo- over a more limited range covering the expected range 
nents) appear as finite residual signal. The noise compo- of oscillation frequencies normally would be adequate, 
nent of this residual signal is detected by the correlator The correlator 31 and FIR filter 27 arc shown in 
31 which usually operates continuously, looking for more detail in FIG. 2 

long term agreement between the residual signal and a 35 The FIR filter 27 is of standard digital filter architec- 
delayed version of the generated noise. The output of ture. It comprises thus; a delay line 41 having a number 
the correlator is an estimate of the residual noise in the of delay stages 43; a first multiplier 45 preceding the 
signal, and it is used to directly adapt the filter 27. The first one of the delay stages 43 and a multiplier 45 fol- 
adaption sign is choosen to adapt the filter 27 to pro- lowing each delay stage. The multipliers 45 are all con- 
duce lower residual noise so that the system tries to 40 nected in parallel to the input of a digital adder 49. 
converge to a situation where the noise is cancelled. The input signal on digital lines k of the output of the 
The dynamic nature of the environment, and practical delay line 29 is passed through the series of delay stages 
algorithm limitations mean that perfect convergence is 43 to provide a series of sequential samples x (n), x 
not generally achieved. However, given careful optimi- (n- 1), x (n— 2) ... etc where x (n) is the most recent 
sation high levels of cancellation are possible. 45 digital sample of the signal. Each sample is delayed one 

By arranging the noise to provide a satisfactory spec- period of the master clock operating the analogue-to- 
tral characteristic, that is a flat level over a bandwidth digital converter 17 and the digital-to-analogue con- 
comparable to that of the hearing aid, the adaption of a verter 19. Typically, for an in-the-ear aid (TTE) the 
system for minimum noise components in the residual upper band limit would be designed to be on the order 
noise signal also corresponds to minimum residual feed- 50 of 7 kHz. For this the master clock frequency would 
back of all other signals. It has here been shown that need to be at least 14 kHz (Nyquist) and in practice a 
pseudo-random-binary-sequence p.r.b.s. signals of ap- frequency of at least 20 kHz would be chosen. For a 
propriate bit repetition lengths can serve as satisfactory behind-the-ear aid the band width would be in any case 
noise signal. Such pseudo-random-binary-sequence sig- somewhat lower since the communicative tubing used 
nals can be readily generated (FIG. 8) using a clocked 55 in its construction acts as a low pass filter. In such case 
shift register 103 with multiple feedback via an exclu- a lower master clock frequency of say 10 kHz would 
sive OR-gate 105. Such configured registers produce then be more appropriate. A master clock oscillator 
signals with a pattern repeating after every 2 M — 1 bits including a switched capacitor filter could be used and 
where M denotes the number of register stages. Satis- could be preset to provide a master clock frequency of 
factory performance has been obtained for sequences of 60 cither 10 kHz or 20 kHz as requisite. The common 
length 127 bits and 37,267 bits (i.e. using registers hav- circuit design may then be implemented. It is noted that 
ing 7 and 15 stages respectively). Other spectrally bal- although the higher clock frequency of 20 kHz could 
anced sequences (including other lengths of p.r.b.s.) are also be used for the BTE aid, by using a lower sample 
also expected to work. rate advantage is taken of the fact that the correlation is 

Whatever the choice of noise signal it should have a 65 performed over a greater time span for a given number 

low autocorrelation over any time span which is of the of delay stages. Thus performance can be improved or 

same order of magnitude as the adaption time constant, alternatively a similar performance achieved using a 

typically a second. The pseudo-random bit sequence smaller number of correlator stages. The signal samples 
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SffiSS^)^^^ 3 0f ™ m > Uc f™ Editions are stable. It is a drawback of the correlator 

SSs^ :;r d far desc f rihed ** when * : s dcsigncd to 

a single output y (n). Th» operation KSJ ^f^Z^?^ ^ ^ to ■ ttbait * 

the formula: % _ settli ng period from start up can be somewhat excessive. 



As an improvement therefore a modification is pro- 
N . } vided to impose additional variation of the adaption 

2 {Km)U(n - m)} rate. Thus in FIG. 2 the correlator 31 is modified by the 

m ~° insertion of a second multiplier in each stage between 

ou*u^^ to receive a scaling coefficient p. The signed resided 

Adaption operates by ' adjusting the values of the iffi/SlS^ ? ^ W ° f ^ ** muhipHer 55 
coefficients h(m) in a controlled manner. C A ^iS£ ^"t*^ " *** * **ore it is 

^designed to do this is also shown in FIG 2 TOs 15 Ef? ed on *° 1116 corresponding coefficient accumulator 
correlator 31 is designed to adapt the filter 27 according o 008 * 511 *™ st *ge of the correlator 31. Van- 

to the Widrow-Hoff algorithm (see B. Widrow et al 0US technia - ues m tnus possible to optimise the above 
"Stationaiyand.noMtationary learning characteristics * ade -° ff between rate of adaption from cold (or an 
r of-the^ LMS adaptive filter," Proc. IEEE Volume 24 ^ change m conditions) and the degree of conver- 
pages 1 151-1 162rA~ugusrt976). In applying this algo- 20 « ence when conditions are stable. The preferred tmple- 
rithm each coefficient h(m) is adjusted every cycle. The mentat ion thus uses an imposed variable rate of adap- 
adjustment is a simple increase or decrease in the value tion ' In P racticc it has thus been found that better per- 
of the coefficient h(m) the magnitude and the sign of f °nnance is achieved by imposing a high rate of adap- 
which are determined by the action of the correlator. ^ when hearing aid and thus correlator 31 are first 
Each coefficient h(m) is accumulated independently. 25 switched on (i.e. from cold) followed by a lower im- 
The correlator 31 comprises a delay line 51 having a P° sed of adaption after a predetermined settling 
number of single bit delay stages 53. The number of period, the latter for achieving long term stability To 
these stages is the same as the number of stages 43 incor- implement this the multiplicative scaling coefficients u 
porated in the FIR filter 27 just described. The input to are first assigned a common high value and after a pre- 
the delay line 51 and the output from each of the single 30 determined settling time the coefficients u are abruptly 
bit delay stages 53 is connected to the reference input of changed to a common second lower scalinc value Cir- 
to ^f n thr g H di ? < f 1 multi P licr H 7** secon <* »put cuit components for generating the scaling coefficients 
l^i ? % d I?^ , m i Ult3pl L? S 55 * co™"** 1 "> * Mm* may include a time measuring detector e 7 a 
common set of digital lmes 57. The delay line 51 is counter that is triggered by the m^do^nkLl 

hZll^nt^ to ^o WhdSt / hC COmm0 . n *"« multiplicative coefficients u- thrt« wS5e Fm 
unes a/ is connected to tap 39 so as to receive the resid- r*u a * in :~ : j« * i * « . 

ual signal. The output of each multiplier « ^ nass« to an ^mediately followmg start-up. In order to 

adaption rate scale factor ^S^^SSSS' 

uct term is either added, by an adder 58, to an accumu- 40 T^3^!7^ w » P bUt ^ "P* °f 
lated coefficient held in an accumulator . renter 59. SLSST ^ ™ Change m 

The amplitude of this added term differs fromtfie am £ °* lt,ons j on « ^er start up, the counter could instead 
plitude of the residual signal by an adaption-rate scale l "Sgered using a discriminator that is responsive to 
factor. The sign of this term, i.e. whether it is added or 1 * residual signal. Such implementations 

subtracted, depends upon the signs of the noise and 45 , ^ t0 be dt0 « ether Q™** adequate. In the . 
residual signal being the same or different respectively fore g° m g modification to the correlator 31 the scaling 
The process is simplified by combining the long term oo^a^s M changed step-wise between two val- 
averaging that is required for correlation into the coeffi- Ues : a . high value and a Iow ***** respectively. Other 
cient accumulators. This is realised by extending the techniques of optimisation however arc not precluded, 
resolution of the coefficient accumulators 58-59, so that 50 In a more com P ,ex variant using an alternative design of 
several successive correlation inputs are required before oounter the scaling coefficients fx may be changed from 
the accumulated input becomes significant to the filter a ^gh value to a low value by gradual transition 
27. Thus in the construction shown each coefficient through • series of decreasing values. In both the fore- 
accumulator 59 is 24 bits in length of which only the modifications discussed the scaling coefficients it 
most significant 12 to 14 bits are used to define the 55 for each of the stages of the correlator 31 are changed in 
multiplicative coefficients h(m) used in the FIR filter unison. It is also noted that when conditions are very 
27. Jhc ratio of maximum correlator input to filter staolc 00 adaption would be required and updating of 
significance determines the adaption rate. It is a prop- me accumulated coefficients could be inhibited by set- 
erty of the chosen adaption algorithm described above ting the scaling coefficients u- to zero for all stages of the 
that the adaption will vary as a function of signal level. 60 correlator 1. 

In this preferred arrangement the adaption is continu- Instead of the foregoing, the adaption rate could be 
ous since the multiplicative coefficients are updated varied by changing the level of the injected noise This 
urxjn each master clock cycle. The adaption rate should may be implimented, for example, by controlling the 
Aerefore be carefully chosen to get an acceptable com. level of the injected noise to vaVy as a SSTrf *e 
promise between the rate of adaption from cold (or 65 level of the audio signal. Provided SittSta h done 

In^ri^^ m S ° UD , d SignaI ° r m ambi - kce P in * rati0 of ^ * «oise more oTle^ con 

Swtt ^ ^ ^ u C8T V ° f conver « ence "ant, the net noise output whilst audible wou d^auite 

stability of the system) when after a settling period the unobtrusive. Further details will be g£?S low Q 
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The embodiment and its variants described above add extra delays in the feedback cancellation loop. This 

may be implemented as part of the internal circuitry of would be necessary if the filter were placed to immedi- 

a hearing aid. The Widrow-Hoff algorithm is highly atcly precede the digital to analogue converter 19. 

efficient. The circuitry therefore is particularly appro- Due to the limited length of the feedback cancellation 

priate to the construction of "behind-the-ear" "in-the- 5 FIR filter used in the embodiments described, the possi- 

ear" and "in-the-canal" aids where low power opera- ble cancellation grows with the frequency, and is there- 

tion is required. The present invention may be used in a fore most effective in hearing aids with a relative high 

vented hearing aid, as shown in FIG. 11, having first gain at the higher frequencies. With some kinds of hear- 

and second passageways 102 and 104, the second pas- ing loss it is desirable to reduce the high frequency gain, 
sageway 104 being open at both its ends to provide 10 because the user's residual hearing at loss of frequencies 

venting for the ear when the molding of the hearing aid is useless. Inevitably this kind of filtering will reduce the 

is fit in the ear. effect of feedback cancellation. A solution is to reduce 

The limiter 15 described above is located as shown in the sampling frequency. This requires however that the 

FIG. 1 between the correlator input tap 39 and the anti-aliasing filter cut-off frequency tracks the sampling 

injection node 21. This position is optimum. However 15 frequency. This could be done with a switched capaci- 

as an alternative to the above it could be located at tor filter coupled to the A/D converters 17, 67 and 69. 

other positions between the feedback injection summing As already mentioned above the noise level may be 

node 23 and the feedback input tap 25. These alternative controlled to provide optimal rates of adaption. As 

two positions are shown in FIGS. 6 and 7. In FIG. 6 it shown in FIG. 3 the multiplier 35 following the noise 

is shown located between the feedback signal injection 20 generator 33 is controlled by a computational unit 65, 

summing node 23 and the correlator input tap 39. For for example, a first order recursive filter. This may have 

this location however signal clipping results in a loss of the form of a single stage recursive filter such as that 

information about the noise that has been added and this shown in FIG. 10. The input to this computational unit 

results in a slow down of the adaption. Similarly when 65 is taken from a point 63 in the main part between the 

the limiter is located between the noise injection sum- 25 correlator input at 39 and the noise injection node 21. 

ming node 21 and the feedback input tap 25 the injected The computational unit 65 outputs a multiplier value 

noise is limited and again the adaption is slowed down. that is dependent on the signal level measured at point 

Further refinements of this hearing aid are shown in 63 and is chosen such that the sum of the wanted signal 

FIG. 3. This refined embodiment includes a user con- coming from the limiter 15 and the added noise signal 

trolled volume control and also provides for external 30 do not exceed the saturation level of any of the compo- 

variation of the limitation levels for the limiter. Provi- nents that follow, specifically the summing node adder 

sion is also made for signal to noise level control and 21, the digital to analogue converter 19, the main ampli- 

also for preset adjustment by the user. fier 9 and the receiver transducer 11. The first order 

In a practical hearing aid it is desirable to have a recursive filter 65 shown in FIG. 10 comprises a first 
volume control which can be user controlled. This can 35 unit 111 for measuring the absolute signal level. This is 
be placed in the microphone amplifier or before the followed by a first multiplier 113 which produces at its 
output amplifier, but in both cases the adaptive filter output a signal that is one sixteenth of original level, 
must change its coefficients when the volume control is This then is added by an adder 115 to a signal that has 
adjusted. If however the volume control is placed after been delayed one cycle by a delay element 117 and 
the subtraction of the anti-feedback signal and before 40 scaled by fifteen sixteenths by a second multiplier 119, 
the limiter neither the maximum output nor the coeffici- The output of this part of the first order recursive filter 
ents need to change when the volume control is ad- is then scaled by a preset factor of between one quarter 
justed. In the adapted arrangement shown in FIG. 3 a and one sixteenth. The value of this preset scale multi- 
multiplier 77 is inserted between the correlator input tap plier may be fixed during manufacture or alternatively 
39 and the limiter 15. The control for the multiplier 77 45 may be arranged to be preset by the user during initial 
is provided by a user controlled volume control potenti- set up. Accordingly the noise level can be preset to 
ometer 73 and an A/D converter 67. accomodate a user having either a poor or moderate 

The limits for the limiter 15 could also be user con- hearing loss as appropriate, 

trolled. This is desirable because the limiter determines By cancelling all of the effects of acoustic feedback 

the maximum sound pressure level which is able to 50 and not simply inhibiting the onset and occurrence of 

occur in the user's ear. This is a significant feature be- oscillation, this new technique offers several user bene- 

cause the maximum output can be reduced or altered fits: 

without reducing or altering the gain of the amplifiers. (i) Inhibition of oscillatory (unstable) response; 

As shown in FIG. 5 the maximum positive and negative (ii) Avoidance of perceivable "ringing effects" notica- 

limits 93, 95 for the limiter 15 are provided by a user 55 ble at gain settings just below those that cause oscilla- 

controlled potentiometer 75 and an A/D converter 69. tion; 

In the simple arrangement shown the volume control (iii) Removal of gain dependant perturbations in the 

and limit control potentiometers 73, 75 are connected to frequency response which occur at frequencies far 

a common source 71 of a reference voltage. removed from the usual oscillation frequency. 

One or more filters would normally be included to 60 As applied to hearing aids, the invention is intended 

modify the spectral response according to prescriptive to allow choice of a wider range of fittings. In particular 

requirements. Preferably in the hearing aid circuit it is intended to extend the range of availability of 

shown in either FIGS. 1 or 3 this is implemented digi- vented aids i.e. to allow such aids, particularly those 

tally using one or more FIR or IIR filters. It is prefera- having large diameter vents, to be prescribed where 

ble to locate such a filter or filters between the limiter 15 65 high gain is required in the higher range of audio fre- 

and the feedback cancellation signal node 23. Such quencies. 

filters would usually introduce added delay, but if We claim: 

placed in this preferred location it is not necessary to 1. In a hearing aid comprising: 
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a microphone; dependance upon the electrical response of the 

a preamplifier responsive to said microphone and hearing aid to the injected noise signal. 

producmg a preamplified signal; 3 . The hearing aid according to claim 2. wherein: 

a main amplifier having an input supplied with, an said amplitude limiting means is located in said elec- 

output electncal signal; j trica i main athwa * ^ secQnd ■ 

a receiver respons.ve to said mail , amplifier. point and said noise insertion node; and whTeinf 

feS v tLh 1 w , m Z an,p -? er havin8 531(1 ,imiter »pp er ,ower lin ^* A 

its asax^Jtua ,o s^r s T?^ 

■ t >,;„ _ ■ ■ j , . lower lineanty limits by an amount at least eaual to 

within amplifier-receiver upper and lower linearity thp 1pvpl of t v A _ Ate-l J? . 4 10 

limits at the input of said main amplifier, and pro- A ?L t Z V* t . . . . 

vide a substantially non-linear acoustic res^nse to 4 ' Th ^ cax ? n 8 *<*^S t0 * herein said 

the output dectrical signal when tKJKK 15 l™*™" " by M ^ t0 con ' 

cal signal has an amplitude outside said amplifier- ^fV' • v< - J ^ J# . , 

receiver upper and lower linearity limits; 831(1 mmn ^ 18 P receded bv 8 to ^og 

an electrical main pathway, connected between said converter; and 

preamplifier and said main amplifier, said electrical 83,(3 .* 0IS f source l said ^Phtude limiting means and 

main pathway having a tapping point and a feed- 20 « S? d electrical mter ™ all digital, 

back insertion node; 5 - hearing aid, according to claim 4, wherein said 

an electrical feedback pathway connected across said ***P tion contro1 mcans *nd said adaptive electrical 

electrical main pathway, said electrical feedback comprise a signal correlator and a finite impulse 

pathway extending from said tapping point to said res P °™ c [ Ute ?» respectively. 

feedback insertion node; and 25 . e hearui 6 3ud » according to claim 5, wherein said 

filter means, inserted in said electrical feedback path- ada P* iv c electrical filter has an adaption rate, and at 

way, said filter means having characteristics which least one of noisc sourcc *nd adaption control 

are calculated to mode! acoustic coupling arising means means for adjusting the adaption rate of the 

between said receiver and said microphone; adaptive electrical filter, 

whereby an electrical feedback signal shall be derived 30 7* Tne hearing according to claim 6, wherein said 

by extracting an electrical response signal from no . ise sour c* has means for adjusting the level of the 

said electrical main pathway, passed via said filter injected noise signal to control said adaption rate, 

means, and applied to said electrical main pathway 8 * Th e hearing aid, according to claim 7, wherein^aid 

to compensate for the acoustic coupling; means for adjusting the level of the injected noise signal 

the improvement comprising: 35 > s connected to said electrical main pathway and is 

amplitude limiting means, inserted in said electrical responsive to the residual electrical signal so that the 

mam pathway between said tapping point and said ,evel of *h e injected noise signal is dependent upon the 

feedback insertion node, for limiting a residual ,cveI of tne residual electrical signal, 

electrical signal applied at its input to an amplitude The hearing aid, according to claim 8, wherein said 

lying within limiter upper and lower linearity limits 40 m eans for adjusting the level of the injected noise signal 

in dependence on the amplifier-receiver upper and comprises: 

lower linearity limits so that the output electrical a noise level control means connected between said 

signal at the input of said main amplifier has an noise source and said electrical main pathway; and 

amplitude which is within said amplifier-receiver a first order recursive filter, connected to said electri- 

upper and lower linearity limits, and so as to sup- 45 ca l main pathway to receive the residual electrical 

press any non-linear acoustic response thereto signal, and connected to said noise level control 

which otherwise would result in an inadequate means to control the level of the injected noise 

cancellation of the effects of acoustic coupling signal controlled thereby. 

between said receiver and said microphone. 10. The hearing aid, according to claim 2, wherein 
2. The hearing aid according to claim 1 wherein said 50 the noise source comprises a pseudo-random-binary- 
filter means is an adaptive electrical filter, the hearing sequence signal generator. 

aid also comprising: 11. The hearing aid according to claim 4 wherein said 

a noise source, connected to said electrical main path- noise source comprises: 

way by a noise insertion node which is located a pseudo-random-binary-sequence signal generator; 

between said tapping point and said feedback inser- 55 and 

tion node, to inject continuously an injected noise gate means connected both to an output of said pseu- 
signal into said receiver; and do-random-binary-sequence signal generator and 
adaption control means, cooperative with said adapt- to an output of said analog to digital converter for 
ive electrical filter, coupled to said noise source to producing a randomized pseudo-random-binary- 
receive said injected noise signal, and coupled to 60 sequence noise signal. 

said electrical main pathway at a second tapping 12. The hearing aid, according to claim 1, including a 

point located between said feedback insertion node . molding configured to fit in the ear and having first and 
and said noise insertion node for receiving the re- second passageways, said second passageway being 
sidual electrical signal formed of both the pream- open at both its ends to provide venting for the ear 
phfied signal and electrical feedback signal as 65 when said molding is fitted in the ear. 

summed, and for correlating said injected noise 13. In a hearing aid comprising: 

signal and said residual electrical signal, thereby to a microphone; 

adjust adaptively said adaptive electrical filter in a preamplifier' responsive to said microphone- 
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a main amplifier having an input supplied with- an 
output electrical signal; 

a receiver responsive to said main amplifier, 

said receiver and said main amplifier having charac- 
teristics such that together said receiver and said 
main amplifier provide a substantially linear acous- 
tic response to the output electrical signal when 
said output electrical signal has an amplitude 
within amplifier-receiver upper and lower linearity 
limits at the input of said main amplifier, and pro- 
vide a substantially non-linear acoustic response to 
the output electrical signal when the output electri- 
cal signal has an amplitude outside said amplifier- 
receiver upper and lower linearity limits; 

an electrical main pathway, connected between said 
preamplifier and said main amplifier, said electrical 
main pathway having a tapping point and a feed- 
back insertion node; 

an electrical feedback pathway connected across said 
electrical main pathway, said electrical feedback 20 
pathway extending from said tapping point to said 
feedback insertion node; and 

filter means, inserted in said electrical feedback path- 
way, said filter means having characteristics which 
are calculated to model acoustic coupling arising 25 
between said receiver and said microphone; 

whereby an electrical feedback signal shall be derived 
by extracting an electrical response signal from 
said electrical main pathway, passed via said filter 
means, and applied to said electrical main pathway 30 
to compensate for the acoustic coupling; 

the improvement comprising: 

amplitude limiting means, inserted in said electrical 
main pathway between said tapping point and said 
feedback insertion node, for limiting a residual 35 
electrical signal applied at its input to an amplitude 
lying within limiter upper and lower linearity limits 
in dependence on the amplifier-receiver upper and 
lower linearity limits so that the output electrical 
signal at the input of said main amplifier has an 40 
amplitude which is within said amplifier-receiver 
upper and lower linearity limits, and so as to sup- 
press any non-linear acoustic response thereto 
which otherwise would result in an inadequate 
cancellation of the effects of acoustic coupling 45 
between said receiver and said microphone, said 
amplitude limiting means being a solitary limiter. 
T*? e hearm S according to claim 13, wherein 
said limiter has means for adjusting upper and lower 
limits of the amplitude of said residual electrical signal 50 
supplied to an input thereof. 

15. The hearing aid, according to claim 14, wherein 
said limiter has means for externally adjusting the upper 
and lower limits of the amplitude of the residual electri- 
cal signal supplied to said input thereof. 

16. In a hearing aid comprising: 
a microphone; 

a preamplifier responsive to said microphone; 

a main amplifier having an input supplied with an 
output electrical signal; 

a receiver responsive to said main amplifier, 

said receiver and said main amplifier having charac- 
teristics such that together said receiver and said 
main amplifier provide a substantially linear acous- 
tic response to the output electrical signal when 65 
said output electrical signal has an amplitude 
within amplifier-receiver upper and lower linearity 
limits at the input of said main amplifier, and pro- 
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vide a substantially non-linear acoustic response to 
the output electrical signal when the output electri- 
cal signal has an amplitude outside said amplifier- 
receiver upper and lower linearity limits; 

an electrical main pathway, connected between said 
preamplifier and said main amplifier, said electrical 
main pathway having a tapping point and a feed- 
back insertion node; 

an electrical feedback pathway connected across said 
electrical main pathway, said electrical feedback 
pathway extending from said tapping point to said 
feedback insertion node; and 

filter means, inserted in said electrical feedback path- 
way, said filter means having characteristics which 
are calculated to model acoustic coupling arising 
between said receiver and said microphone; 

whereby an electrical feedback signal shall be derived 
by extracting an electrical response signal from 
said electrical main pathway, passed via said filter 
means, and applied to said electrical main pathway 
to compensate for the acoustic coupling; 

the improvement comprising: 

amplitude limiting means, inserted in said electrical 
main pathway, between said tapping point and said 
feedback insertion node, for limiting a residual 
electrical signal applied at its input so that the out- 
put electrical signal at the input of said main ampli- 
fier has an amplitude which is within said amplifier- 
receiver upper and lower linearity limits, so as to 
suppress any non-linear acoustic response thereto 
which otherwise would result in an inadequate 
cancellation of the effects of acoustic coupling 
between said receiver and said microphone; and 

manual volume control means located between said 
amplitude limiting means and said feedback inser- 
tion node. 

17. In a hearing aid comprising: 

a microphone; 

a preamplifier responsive to said microphone; 

a main amplifier having an input supplied with an 
output electrical signal; 

a receiver responsive to said main amplifier, 

said receiver and said main amplifier having charac- 
teristics such that together said receiver and said 
main amplifier provide a substantially linear acous- 
tic response to the output electrical signal when 
said output electrical signal has an amplitude 
within amplifier-receiver upper and lower linearity 
limits at the input of said main amplifier, and pro- 
vide a substantially non-linear acoustic response to 
the output electrical signal when the output electri- 
cal signal has an amplitude outside said amplifier- 
receiver upper and lower linearity limits; 

an electrical main pathway, connected between said 
preamplifier and said main amplifier, said electrical 
main pathway having a tapping point and a feed- 
back insertion node; 

an electrical feedback pathway connected across said 
electrical main pathway, said electrical feedback 
pathway extending from said tapping point to said 
feedback insertion node; and 

filter means, inserted in said electrical feedback path- 
way, said filter means having characteristics which 
are calculated to model acoustic coupling arising 
between said receiver and said microphone; 

whereby an electrical feedback signal is derived by 
extracting an electrical response signal from said 
electrical main pathway, passed via said filter 
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means, and applied to said electrical main pathway 
to compensate for the acoustic coupling; 

the improvement comprising: 

amplitude limiting means, inserted in said electrical 
main pathway between said tapping point and said 5 
feedback insertion node, for limiting a residua] 
electrical signal applied at an input thereof to an 
amplitude lying within limiter upper and lower 
linearity limits in dependence on the amplifier- 
receiver upper and lower linearity limits so that the 10 
output electrical signal at the input of said main 
amplifier has an amplitude which is within said 
amplifier-receiver upper and lower linearity limits, 



18 

and so as to suppress any non-linear acoustic re- 
sponse thereto which otherwise would result in an 
inadequate cancellation of the effects of acoustic 
coupling between said receiver and said micro- 
phone; and 

the acousto-electric gain of said microphone, the gain 
of said preamplifier, the gain of said main amplifier, 
and the electro-acoustic gain of said receiver are all 
such that the hearing aid has an insertion gain 
which is matched to a predetermined prescriptive 
requirement 
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